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METHOD OF GENERATING AN 
ELECTRICAL OUTPUT SIGNAL AND 

ACOUSTICAL/ELECTRICAL CONVERSION 
SYSTEM 

The present invention is directed, generically, on the art of 
beamforming. Although it is most suited to be applied for 
hearing apparatus, and thereby especially hearing aid appa 
ratus, it may be applied to all categories of beamforming 
With respect to acoustical/electrical signal conversion. We 
understand under beamforming of acoustical to electrical 
conversion tailoring the dependency of the transfer gain of 
an acoustical input signal to an electrical output signal from 
the spatial angle at Which the acoustical signal impinges on 
acoustical/electrical converters, and, in context With the 
present invention, on at least tWo such acoustical to electri 
cal converters. 

In some types of such beamforming as especially based 
on the so-called “delay and sum” approach, the dependency 
of the output signal from the spatial angle of the impinging 
acoustical signal is additionally dependent on frequency of 
the acoustical signal. 

Although We are going to explain this phenomenon on the 
basis of the so-called “delay and sum” beamformer, Which 
is most suited for implementing the present invention, other 
types of beamforrners may shoW up frequency-dependent 
beamforming as Well and thus might be suited for imple 
menting the present invention too. 

In FIG. 1 there is schematically shoWn, by means of a 
signal ?oW/functional block diagram, a so-called “delay and 
sum” beamformer. There is provided an acoustical electrical 
converter arrangement 1 With at least tWo acoustical/elec 
trical converters, as of microphones M1 and M2. These at 
least tWo acoustical/electrical converters M1 and M2 are 
arranged With a predetermined mutual distance p. Consid 
ering an acoustical signal A impinging on the tWo acoustical/ 
electrical converters M1, M2 and generated from an acous 
tical source considerable further aWay than given by the 
distance p, there occurs a difference d of path length for the 
acoustical signal A With respect to M 1 and M2. Dependent on 
the spatial angle 6, at Which the acoustical signal A impinges 
on the converters, d results to 

dIp-cos 6 

This accords to a phase shift A¢p or to a time-delay "up 
Which may be expressed as 

d 
T: — : E-cosO, 

c c 

Therein, c is the velocity of sound in surrounding air. The 
output signals S1 and S2 have thus a mutual phasing A¢P 
according to the impinging angle 6. The tWo signals S 1 and 
S2 are superimposed by addition as shoWn by the adding unit 
5 of FIG. 1 after of one of the tWo signals having been 
delayed by 'c' as shoWn at the unit 7. By appropriate selection 
of '5' there is established, for Which spatial angle 6 the gain 
betWeen acoustical input A and result of the addition, Sa, Will 
be maximum and, respectively, minimum. If the tWo con 
verters M 1 and M2 are e.g. omnidirectional this Will result in 
a ?rst order beamforming characteristic at the output Sa of 
the adding unit 5 With respect to acoustical input signal A. 
Such a characteristic is qualitatively shoWn in FIG. 2 for one 
frequency f of an acoustical signal A. With respect to 
frequency behavior of this characteristic attention is draWn 
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2 
to FIG. 3. Here the frequency dependency of the gain, the 
so-called “roll-o?‘” characteristic, is shoWn for a ?rst order 
beamformer realiZed eg by the embodiment of FIG. 1 With 
p:l.9 cm, as shoWn at (a) and for p:l .2 cm as shoWn at (b). 
The characteristic (c) Will be discussed later in connection 
With the present invention 

In dependency of the order of beamforming the beam 
characteristic has a signi?cant high-pass behavior. At a ?rst 
order cardioid beam gain drops With 20 dB/Dk, for a second 
order beam characteristic With 40 dB/Dk, etc. An important 
drawback of such a transfer gain frequency dependency is 
the signi?cant reduction of the signal to noise ratio for loWer 
frequency signals. This has a negative impact on the quality 
of sound conversion, especially in the “target direction”, that 
is in direction 6, Wherefrom acoustical signal shall be 
ampli?ed With maximum gain. 

It is an object of the present invention to provide for a 
method and a respective system, Whereat frequency behav 
ior of the beamforming gain characteristic may be adjusted 
and thereby especially remedied at least over a desired 
frequency band. To do so, there is proposed a method of 
generating an electrical output signal as a function of 
acoustical input signals impinging on at least tWo acoustical/ 
electrical converters, the gain betWeen the acoustical input 
signal and the electrical output signal being dependent on 
the spatial angle With Which the acoustical input signals 
impinge on the at least tWo converters. Further, the gain is 
dependent on frequency of the acoustical input signals. 
Thereby, ?rst and second signals respectively depending on 
the acoustical input signals are co-processed to result in a 
third signal Which is dependent on both, namely the ?rst and 
the second signal. 
When We refer to “co-processing” signals, We thereby 

mean performing an operation on both signals resulting in a 
signal Which is dependent on both input signals. Thus, 
addition, multiplication, division etc. are considered to be 
co-processing operations, Whereat time-delaying a signal or 
phase-shifting a signal or amplifying are considered non 
co-processing operations. 

Further and in vieW of the above mentioned object there 
is established a desired frequency dependency of the gain by 
installing a mismatch of gains betWeen the acoustical input 
signal and the ?rst signal and betWeen the acoustical input 
signal and the second signal, both ?rst and second signal 
being then co-processes. 

Thereby, the present invention departs from the folloWing 
recognition: 
We have in context With FIG. 3 shoWn the frequency 

roll-off of a beamformer, as especially addressed by the 
present invention having a high-pass characteristic. This is 
nevertheless only then valid, if the gains betWeen the acous 
tical input signal and the ?rst signal applied to co-processing 
as of adding at unit 5 of FIG. 1, and the gain betWeen the 
acoustical input signal and the second signal as applied to 
the second input of co-processing are perfectly matched. If 
these gains are mismatched, Which is customarily to be 
avoided by all means, there results a roll-off behavior as 
shoWn in FIG. 2 at (c). The frequency characteristic transits 
for mismatched gains at a loWer edge frequency fT from 
high-pass behavior to an all-pass or proportional behavior. 

In contrary to previous approaches of beamforming real 
iZation, Where all measures possible Were taken to avoid 
such mismatch, the present invention advantageously 
exploits such mismatch. 

Although in one embodiment of the present invention 
such mismatch may be installed in a ?xed manner, as eg by 
appropriately selecting mismatched converters, in a pre 
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ferred embodiment of the inventive method such mismatch 
is provided adjustable and especially automatically adjusted. 

In a most preferred embodiment of realizing the inventive 
method, mismatch is established in dependency of the 
spatial impinging angle of the acoustical input signal. Thus, 
different extents of mismatch are selected for different 
spatial angles or ranges of spatial angle. 

Thereby, in a further preferred Embodiment, a predeter 
mined mismatch is established Whenever the spatial angle of 
the acoustical input signal is Within a predetermined range, 
if it is not, a different mismatch up to no mismatch is 
established or maintained. 
By further establishing the mismatch in dependency of the 

frequency of the acoustical input signal it becomes possible 
to tailor the frequency behavior of the gain or beam. 
As Was mentioned above, in one preferred mode of 

realiZing the inventive method a “delay and sum”-type 
beamformer is improved. Thus, in a preferred embodiment 
the inventive method further proposes to time-delay one of 
the ?rst and of the second signals before co-processing is 
performed. Thereby, in a further preferred mode such time 
delaying is performed in a dependency of frequency of the 
acoustical input signal. 

In a most preferred variant of performing the inventive 
method time-domain to frequency-domain conversion is 
performed at the ?rst and at second electrical signals, Which 
are dependent on the impinging acoustical signal, before 
co-processing is performed. As Will be seen from the fol 
loWing explanations, signal processing in frequency-domain 
is most advantageous. Thereby, for subsequent time frames 
according to the conversion clock and for at least a part of 
the frequencies of the conversion, of the bins, there is 
generated a complex mismatch control signal, ie With real 
and imaginary components. By adjusting mutual phasing of 
the ?rst and second signals and simultaneously performing 
said mismatch by the complex mismatch control signal, on 
one hand time-delaying is realiZed frequency-speci?cally, 
and mismatch is realiZed frequency-selectively too. After 
such complex mismatch control With a complex value the 
mismatched signals may just be additively co-processed to 
realiZe an inventively improved “delay and sum” beam 
former. 

In a further improved mode of operation of the just 
mentioned mismatching by means of a complex mismatch 
control signal, there is proposed to calculate the actual 
mismatch control signal by means of an approximation 
algorithm. Thereby, the actual mismatch control signal for 
instantaneous time frame of time-domain to frequency 
domain conversion is evaluated on the basis of such mis 
match control signal as Was derived for a previous time 
frame, preferably the next previous time frame. Optimal 
results are achieved With minimal resources of computing 
poWer by applying a “least means square” algorithm. 

The above mentioned object is further resolved With an 
acoustical/electrical conversion system of the present inven 
tion, Which comprises at least tWo acoustical to electrical 
converters respectively With ?rst and second outputs. These 
outputs are operationally connected to inputs of a co 
processing unit Which generates an output signal dependent 
on signals on both, said ?rst and said second outputs. The 
output of the co-processing unit is operationally connected 
to an output of the system, Whereat a signal is generated, 
Which is dependent on an acoustical signal impinging on the 
at least tWo converters and from spatial angle With Which the 
acoustical signal impinges on these converters. Further, this 
angle dependency is dependent on frequency of the acous 
tical signals. Thereby the gains betWeen acoustical input to 
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4 
said converters and the inputs to the co-processing unit are 
Wantedly mismatched to provide for a desired dependency 
of the signal generated at the system output on the frequency 
of the acoustical input signals. 

Preferred embodiments of the system according to the 
present invention, Whereat the inventive method is realiZed, 
are speci?ed in claims 14 to 24. 
The invention shall noW be exempli?ed by means of the 

folloWing detailed description and With the help of ?gures. 
These shoW: 

FIGS. 1 to 3 have already been explained 
FIG. 4 in a signal ?ow/functional block simpli?ed repre 

sentation, the generic principle of the inventive method and 
system; 

FIG. 5 in a representation in analogy to that of FIG. 4, a 
?rst preferred realiZation form of the inventive method and 
system; 

FIG. 6 in a representation form according to that of the 
FIGS. 4 and 5, a further improvement of the system and 
method by applying complex mismatch control and thereby 
simultaneously realiZing delaying of a delay and sun beam 
former and controlled mismatching; 

FIG. 7 again in a representation in analogy to that of the 
FIGS. 4 to 6, a preferred realiZation form of the embodiment 
according to FIG. 6, 

FIG. 8 still in the same representation, a today’s preferred 
mode of realiZation of the embodiment according to FIG. 7, 
thereby using approximation for mismatch control; 

FIG. 9 the gain characteristic With respect to spatial angle 
and frequency of a prior art delay and sum beamformer; 

FIG. 10 the beamformer leading to the gain characteristic 
of FIG. 9, inventively improved, thereby selecting a mis 
match spatial angle range of 190°, and 

FIG. 11 a characteristic according to that of FIG. 10 for 
further reduced range of spatial angles, for Which the inven 
tively applied mismatch is active. 

FIG. 4 shoWs in a most schematic and simpli?ed manner 
a signal ?oW/functional block diagram of a system accord 
ing to the present invention, thereby operating according to 
the inventive method. From the array or arrangement 1 of at 
least tWo acoustical/electrical converters M1 and M2 and at 
respective outputs Al and A2, tWo electrical signals S1 and S2 
are generated. 

In processing unit 12 signals S101 and S102, respectively 
applied to inputs E121 and E122 of unit 12, are co-processed, 
resulting in a signal dependent on both input signals S101 and 
S102. These signals input to unit 12 respectively depend on 
the signals S1 and S2 and are generated at outputs A101 and 
A102 of a mismatch unit 10 With inputs El and E2, to Which 
the signals S1 and S2 are led. 

In the mismatch unit 10 the gains betWeen the acoustical 
input signal Ato respective ones of the signals S101 and S102 
are set. Thereby, as schematically shoWn by adjusting ele 
ments 101 and 102 an appropriate desired mismatch of the 
gains in the tWo channels from M1 to one input of unit 12 and 
from M2 to the other input thereof is established. Such a 
mismatch as schematically shoWn in FIG. 4 may be installed 
by appropriately selecting the converters M1 and M2 to be 
mismatched themselves With respect to their conversion 
transfer function, but is advantageously provided as shoWn 
in FIG. 4 in the respective electrical signal paths. As 
inventively a mismatch With respect to the tWo channels is 
to be installed it is clear that mismatching the gain in only 
one of the channels is sufficient, although the gain in both 
channels may be respectively adjusted or selected to result 
in the desired mismatch by inversely varying the respective 
channel’s gains. 
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Still simpli?ed and With a signal ?ow/functional block 
representation, FIG. 5 shows a preferred realization form of 
the principal according to the present invention and as 
explained With the help of FIG. 4. Elements Which have 
already been described in context With FIGS. 1 to 4 are 
referred to With the same reference numbers. 

According to the embodiment of FIG. 5 the mismatch unit 
10 most generically shoWn in FIG. 4 is realiZed as a 
mismatch unit 10', interconnected as Was explained in the 
respective channels from the acoustical input of the con 
verters M1, M2 to the respective inputs E121, E122 of the 
processing unit 12, Where co-processing occurs. By applying 
a control signal SC1O to the control input C1O mismatch of 
these tWo channels is adjusted. The control input C10 is 
operationally connected to the output Al4 of a mismatch 
controlling unit 14. Inputs E141 and E142 to the mismatch 
controlling unit 14 are operationally connected to the respec 
tive outputs Al and A2 of the converter arrangement 1. Thus, 
the respective signals S12 and S11 input to unit 14 are in most 
generic terms dependent on the output signals S 1 and S2. As 
Will be seen later on such an input signal as dependent on Sl 
and/or S2 may also be derived from the output signal 
Sa(S1Ol, S102) at the output of processing unit 12. 
Due to such input signals to the mismatch-controlling unit 

14, information about spatial angle 0 With Which the acous 
tical signal A impinges on converter arrangement 1 is 
present, namely eg by the information about the mutual 
phasing A¢P of the signals S1, S2. Also When, as shoWn in 
dashed lines, one ?rst input of unit 14 receives a signal 
dependent on only one of the signals S l and S2 as Well as as 
a second input signal, namely a signal dependent on the 
output signal 8,, of processing unit 12, Which per se depends 
on the second signal S l or S2 respectively too, spatial angle 
information is present by these tWo signals S 1 or S2 and Sa. 

In mismatch-controlling unit 14 the control signal SC1O is 
generated in dependency of the spatial angle 0 With Which 
the acoustical signal A impinges on the arrangement 1. 
Although such dependency may be established in a large 
variety of different Ways to establish, at mismatch unit 10' 
for selected spatial angles 0 desired mismatching of the 
channel gains in a most preferred embodiment the control 
signal S C10 establishes mismatch, Whenever the spatial angle 
0 of the acoustical signal A is Within a predetermined range 
0R of spatial angle. 

Thus, according to the embodiment of FIG. 5 mismatch is 
established in dependency of the spatial angle 0 and espe 
cially preferred only if the spatial angle 0 of the acoustical 
input signal is Within a predetermined range, and thereby 
especially in a predetermined range symmetrically With 
respect to that impinging angle, Which shall have, according 
to FIG. 2 at 0:0, maximum ampli?cation. 

Looking back on FIG. 3, for a “delay and sum”-type 
beamformer, applying the teaching of FIG. 5 results in the 
high-pass characteristic being remedied by mismatch Within 
the range 0R of spatial angle With high gain, Whereat for 
spatial angles aside the desired range GR and according to 
side parts of the beam of FIG. 2 and as denoted there by the 
areas F, high-pass characteristic is maintained. This leads to 
an even improved beamfor'ming effect of the “delay and 
sum” beamformer. 
Most schematically there is shoWn in FIG. 2, for the 

spatial angle 0:0 and for spatial angles aside the predeter 
mined range GR, an example of roll-olf/ spatial angle distri 
bution, in dotted lines and denoted With “ro”. 

Departing from the realiZation form according to FIG. 5, 
FIG. 6 shoWs a further improvement. Thereby, the mismatch 
unit 10' performs for adjusting and mismatching the com 
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6 
plex gains of the channels from acoustical input signal A to 
the respective inputs E121 and E122 of the co-processing unit 
12. Accordingly the mismatch-controlling unit 14' generates 
a complex controlling signal E Which controls the com 
plex gain mismatch, as exempli?ed in the block of unit 10' 
by adjusting complex impedance elements Z101 and Z102. 
By applying a complex gain mismatch and as is evident to 
the skilled artisan, the magnitude of the respective gains of 
the channels is mismatched as Well as the mutual phasing of 
the tWo channels being adjusted, as schematically repre 
sented in FIG. 6 by A¢p as input phasing to unit 10' and 
controlled output phasing mp6. 
As adjusting mutual phasing is equivalent to adjusting a 

mutual time-delay as of 'c' in the delay and sum beamformer 
of FIG. 1, it just remains in co-processing unit 12 to perform 
summing to realiZe a delay and sum beamformer, Which is 
nevertheless improved With respect to frequency roll-o?f. 

The embodiment of FIG. 6, Whereat a complex mismatch 
control is performed and Which is highly advantageous, is 
clearly best realiZed in frequency-domain. 

Accordingly, in the embodiment of FIG. 7 as a most 
preferred embodiment the result of the acoustical/electrical 
conversion in the respective channels is ?rst analogue to 
digital converted at respective converters 161 and 162. Sub 
sequently the respective digital signals S1# and S2# are 
subjected to time-domain to frequency-domain conversion 
at respective converters 181 and 182. The mismatch control 
ling unit 14' provides for each time frame of the time-domain 
to frequency-domain conversion and for at least a part of the 
frequencies or bins a complex mismatch control signal E 
fed to the mismatch unit 10', Whereat element, by element 
multiplication is performed of the complex vectorial signal 
S—2 With the complex mismatch control signal S010, thus 
multiplying each element of S, e.g. S21, S22 With the 
respective element of S010, e.g. SCIOI, SCIOZ, leading to the 
result S102 With elements 82180101, 82280102. 
The today’s most preferred realiZation form of the inven 

tive method and system is shoWn in FIG. 8. It departs from 
the embodiment of FIG. 7. Only parts and functions, Which 
have not been described yet Will be addressed. The mis 
match-controlling unit 14" is fed With one of the time to 
frequency domain converted output signals S1 or S2, as 
shoWn in FIG. 8 With S2 as a complex value signal. The 
second input according to E141 eg of FIG. 5 is operationally 
connected With the output Al2 of the co-processing unit 12. 
The mismatch-controlling unit 14" calculates from the out 
put signal of the system prevailing for a previous time frame 
of time to frequency conversion as Well as from an actual 
signal as of S—2, of an actual time frame, With an approxi 
mation algorithm, most preferably With a “least means 
square” algorithm, the complex valued mismatch-control 
ling signal %, Which is element by element multiplied ill 
the multiplication unit 10' acting as mismatch unit. As Was 
explained summation for the inventive “delay and sum” 
beamformer as of FIG. 8 is performed in co-processing unit 
12, the output signal thereof S—a being backtransformed to 
time-domain in unit 20. 

FIG. 9 shoWs over the axis of spatial angle 0 and 
frequency f the gain magnitude as measured at a prior art 
“delay and sum” beamformer of ?rst order With cardioid 
characteristic as of FIG. 2 and With Zero gain at an angle 
6:180". 

FIG. 10 shoWs in the same representation as of FIG. 9 the 
gain characteristic betWeen acoustical input and system 
output of a beamformer construed as Was explained With the 
help of FIG. 8, thereby selecting the preselected range HR to 
be at —90°§6§+90°. 
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Further reducing of the preselected range for spatial angle 
6R leads to the gain behavior as shown in FIG. 11. 
From comparison of the FIGS. 9 to 11 the signi?cant 

improvements of the transfer characteristic of a conversion 
system and the method according to the present invention 
become apparent to the skilled artisan. 

The invention claimed is: 
1. A method of generating an electrical output signal as a 

function of acoustical input signals impinging on at least tWo 
acoustical/electrical converters, the gain betWeen said 
acoustical input signals and said electric output signal being 
dependent on the spatial angle With Which said acoustical 
input signals impinge on said at least tWo converters and on 
frequency of said acoustical input signals, and Wherein 
further ?rst and second signals respectively depending on 
said acoustical input signals are co-processed to result in a 
third signal Which is dependent on both said ?rst and said 
second signals, characterized by establishing a desired fre 
quency dependency of said gain by installing a mismatch of 
gain of said acoustical input signal to said ?rst signal and of 
said acoustical input signal to said second signal. 

2. The method of claim 1, Wherein said mismatch is 
installed in a ?xed manner or adjustable or automatically 
adjusted. 

3. The method of claim 1 or 2, further comprising 
establishing said mismatch in dependency of said spatial 
angle of said acoustical input signals. 

4. The method of claim 3, further comprising establishing 
said mismatch, Whenever said spatial angle is Within a 
predetermined range. 

5. The method of claim 1, further comprising establishing 
said mismatch in dependency of frequency of said acoustical 
input signal. 

6. The method of claim 1, further comprising time 
delaying one of said ?rst and of said second signals before 
performing said co-processing. 

7. The method of claim 6, further comprising performing 
said time-delaying in dependency of frequency of said 
acoustical input signals. 

8. The method of claim 1, further comprising performing 
time-domain to frequency-domain conversion of said ?rst 
and second electrical signals before performing said co 
processing. 

9. The method of claim 1, further comprising performing 
tie-domain to frequency-domain conversion of said ?rst and 
second electrical signals, generating for subsequent time 
frames of said converting and for at least a part of the 
frequencies of said conversion a complex mismatch control 
signal, thereby adjusting mutual phasing of said ?rst and 
second signals and performing said mismatch by said com 
plex mismatch control signal. 

10. The method of claim 9, thereby calculating an actual 
mismatch control signal by means of an approximation 
algorithm. 

11. The method of claim 10, further comprising calculat 
ing said actual mismatch control signal on the basis of said 
mismatch control signal as derived in a previous time frame. 

12. The method of claim 10, further comprising the step 
of calculating said actual mismatch control signal by means 
of a “least means square” algorithm. 

13. The method of claim 1, Wherein said acoustical to 
electrical converters are microphones of a hearing aid appa 
ratus. 
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14. An acoustical/electrical conversion system compris 

ing at least tWo acoustical to electrical converters, respec 
tively With a ?rst and a second output, said outputs being 
operationally connected to inputs of a co-processing unit 
generating an output signal dependent on signals on both 
said ?rst and said second outputs, the output of said co 
processing unit being operationally connected to an output 
of said system, Whereat a signal is generated, Which is 
dependent on an acoustical signal impinging on said at least 
tWo converters and from spatial angle With Which said 
acoustical signal impinges on said at least tWo converters as 
Well as on frequency of said acoustical signal, characterized 
by the gains betWeen acoustical inputs to said converters and 
said inputs of said co-processing unit being mismatched to 
provide for a desired dependency of said signal generated at 
said output of said system from said frequency. 

15. The system of claim 14, Wherein said mismatch is 
established by means of a mismatch unit interconnected 
betWeen at least one of said ?rst and second outputs and said 
inputs of said co-processing unit. 

16. The system of claim 15, said mismatch unit compris 
ing a mismatch control input operationally connected to an 
output of a mismatch control unit, inputs of said mismatch 
control unit being operationally connected to said ?rst and 
second outputs, said mismatch control unit generating a 
mismatch control signal in dependency of said spatial angle. 

17. The system of claim 16, Wherein said mismatch 
control unit generates a mismatch control signal, Whenever 
said spatial angle is Within a pre-selectable or pre-selected 
angular range. 

18. The system of one of claims 15 to 17, further 
comprising said mismatch unit providing for gain mismatch 
a and phase adjustment. 

19. The system of one of claims 15 to 17, further 
comprising time-domain to frequency-domain conversion 
units interconnected betWeen said outputs of said at least 
tWo converters and said co-processing unit, said mismatch 
unit being provided betWeen an output of at least one of said 
time-domain to frequency-domain conversion units and at 
least one input of said co-processing unit. 

20. The system of claim 19, said, mismatch unit having a 
control input operationally connected to an output of a 
mismatch control unit, said mismatch control unit having 
inputs operationally connected to said ?rst and second 
output signals and generating a complex mismatch control 
ling signal controlling at said mismatch unit phasing of 
signals input to said inputs of said co-processing unit as Well 
as said gain mismatch. 

21. The system of claim 20, Wherein said mismatch 
control has one of said inputs being operationally connected 
to the output of said system, said mismatch control unit 
comprising an approximation calculating unit. 

22. The system of claim 21, Wherein said approximation 
calculating unit is a “least means square” calculating unit. 

23. The system of claim 14, Wherein said acoustical to 
electrical converters are integrated in a hearing apparatus. 

24. The system of claim 23, Wherein said apparatus is a 
hearing aid apparatus. 


